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[57] ABSTRACT 

A method and apparatus of communicating information 
using Time Division Multiple Access and adaptive trans- 
mission and reception are disclosed. Signal bursts are trans- 
mitted from TDMA transmitters to a TDMA receiver 
wherein the transmitter codes the information and transmits 
coded information to the receiver using at least one of two 
timeslots of a plurality of timeslots in a repetitive TDMA 
frame period Both of the two timeslots are received whether 
or not the transmitter has transmitted using one or two 
timeslots and the received signals arc classified as intended 
and non-intended. Successively received signals classified 
as intended are then assembled into a block for decoding to 
reproduce the information. 

4 Claims, 16 Drawing Sheets 
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DUAL MODE SATELLTTE/CEXLULAR peak-to-mean power ratio Deeded in the mobile terminal 

TERMINAL When practicing the invention disclosed in the above incor- 
porated application however, a terminal is not capable of 

This application is a divisional of application Ser. No. being compatible with the GSM cellular standard's uplink 

08/50U75, filed Jul. 12, 1995, now U.S. Pat No. 5,663. 5 waveform 

951 - SUMMARY OF THE DISCLOSURE 

FIELD OF THE DISCLOSURE A portable wireless terminal is now disclosed having 

means to operate according to a known digital cellular 

The present invention pertains to mobile or portable ]0 standard such as GSM, such means comprising receiver 

wireless telephones that can operate either through land- radio frequency components fox receiving a TDMA burst 

based cellular systems or through orbiting satellites, if no ^4 di gitizin g the burst and signal processing components 

land-cellular base station is within range, and in particular to far decoding the burst and reconstituting a voice or data 

means for choosing satellite signal formats to facilitate signal The inventive terminal uses the same receiver com- 

re-use of components in wireless telephones when switching 15 ponents to receive a satellite TDMA burst that preferably 

between modes so as to reduce cost employs the same bitrate and format but occurs less fre- 
quently due to the digital voice signal from the satellite 

BACKGROUND OF THE DISCLOSURE being encoded at a lower bitrate. The terminal transmits a 

The signal bandwidth and channel spacing used for sat- TDMA burst at a submulbple of the receive bitrate for a 
ellite communication is generally different from the signal 20 proportionally longer time using a transmit frequency chan- 
bandwidth used in cellular systems. One reason for this Del *** is proportionally narrower in bandwidth. The trans- 
difference is that satellite communication is limited by ^ timeslot and transmit frequency channel allocation are 
thermal noise. As a result, satellite communications uses 10 ^ recdvc frequency and timeslot allocation in 
lower bandwidth and coding rates. On the other hand, such a way that transmission and reception at the terminal do 
cellular communications is interference limited, favoring 25 not overlap and have an almost constant relative dining 
higher bandwidth and coding rates. relationship as determined by a timing controller that com- 

For example, the GSM cellular system's channel spacing J*""* 1 for loop P* 0 ?**** 0 * «*Y- 
is 200 KHz, while the INMARSATS satellite system uses Adding to one eirAodiment of the present mvention, a 
5 KHz or 10 KHi channel spacing. In the latter narrowband m *** of conummcaUng , information using Time Division 
mode, frequency and phase noise is considerably more 30 Multiple Access and adaptive trammis^n and reception is 
troublesome for moving terminals or mobile stations than in Closed. First, signal bursts from TDMA transmission 
the former, wideband mode. There can thus arise difficulties means ™ ^nutted to a TDMA receiving means wherein 
in attempting for economy in the terminal to re-use circuitry trawmission means codes said ^formation and trans- 
fer bomroodes. mils coded information to said receiving means using at 
lt . « . . , 33 least one of two timeslots of a plurality of timeslots in a 

U.S. patent application Ser. No 08/305,780 which is ddve TOMA ^ £ oth ^ t^o* 

mcoiporated herein by reference^ describes a oUml-mode m rcccivcd WQ£mer OT DOt ^ transmitting means has 

tenninal equipped with a l novel freqnen^ transmitted using said one or said two timeslots and received 

that economically provides .both narrowband satellite chan- m „ iDtCDdcd or n0 n-intended. Then, 

nel spacings as well a GSM spaangs wlule meeting die ^ ^cce S&ivel reC eived signals classified as intended are 

stringent noise requirements in a nanow^d satelhte mode M5enWed ^ a block for 6ccoding ^ th e W ock is 

and the fast switching requirements for the GSM frequency- ^coded to reproduce said information, 

hopping mode. According to another embodiment of the present 

Other prior descriptions of dual mode terminals that invention, a TDMA communication apparatus with 

economically re-use the same components between two 43 improved transmitter power level control is disclosed. Burst 

modes may be found, for example, U.S. patent application receiving means receive TDMA signal bursts in an allocated 

Ser. No. 07/585,910 entitled "Multi-mode signal receive of a rcpctiti v C tdma frame period and 

processing . which is mcoiporated herein by reference, measure the received signal strength. Burst transmission 

describes re-using the same components to process alterna- mean5 transmit TDMA signal bursts in an allocated transmit 

tivery an analog FM signal according to the AMPS cellular ^ timeslot of a repetitive TDMA frame period under control of 

stodard or a digital cellular signal according to TIA stan- a means transmit power control 

^*** means compute a desired effective burst transmission power 

The GSM standard discloses the possibility to transmit ] eve i to compensate for propagation path changes based on 

lower bitrates by transmitting TDMA bursts at the same said measured received signal strength and controlling said 

bitrate only less often. The GSM standard describes a 55 burst transmission means to transmit a signal burst at a 

so-called "half-rate" mode in which a burst is transmitted controlled power level in said allocated transmit timeslot in 

only every 16 timeslots instead of every eight However, the each of said TDMA frame periods. 

same format is used in the uplink direction (mobile to base) „„, ^ ™ _ „ 

as in the downlink direction (base to mobile), which leads to BRIEF DESCRIPTION OF THE DRAWINGS 

problems of high peak power requirements from the mobile 60 These and other features and advantages of the present 

phone in a satellite system. invention will be readily apparent to one of ordinary skill in 

U.S. patent application Ser. No. 08/179,954, which is the art from the following written description, used in 

incorporated herein by reference, discloses asymmetrical conjunction with the drawings, in which: 

TDMA formats in which uplink TDMA formats can have a FIG. 1 illustrates the allocation of frequencies for Per- 

smaller number of timeslots combined with a greater avail- 65 sonal Satellite Communication services in world regions; 

ability of narrower bandwidth frequency channels than the FIG. 2 illustrates a known GSM time division multiple 

corresponding downlink TDMA formats, thus reducing the access Format; 
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FIG. 3 illustrates co-channel carrier/interference as a frequency-selective components also facilitates the con- 
function of the re-use distance; sanction of a receiver that would embrace both the PCS 

FIG. 4 illustrates the number of timeslots per 200 KH 5 receive band 1930-1970 MHz as well as the PSC receive 

channel; bamL 

FIG. 5 illustrates 8. 16. 24, and 32-slot formats according 5 The present invention incl^^b lit is not restricted to, the 

to one embodiment of the present invention; construction of dual-mode FCS/PSC terminals in the bands 

. „,j illustrated in FIG. 1. The present invention can alternatively 

FIG. 6 illustrates the c^espoodence betwe^ uplin^ and ^ ^ ^ ^ ^ 

downlink according to one embodiment of the present [ s in the 900 MHz range, or indeed in which the satellite and 

invention; l0 ccUu | ar frequency bands lie in any frequency range. 

FIG 7 illustrates adual mode satdlite/ceUular terminal A at ^ t ^ of the art cannot 

according to one embodiment of the present invention; approach the capacity of a landbased cellular system to serve 

FIG. 8 illustrates a burst processing method for the millions 0 f subscribers. An objective of providing dual- 
satellite mode according to one embodiment of the present mocJe satellite terminals is thus to ensure that 
invention; 15 subscribers use the higfc capacity cellular system wherever it 

FIG. 9 illustrates a channel unit for satellite-to-mobile is available, such that only subscribers that are temporarily 

transmissions according to one embodiment of the present outside of cellular coverage have to employ the limited 

invention; capacity satellite. A satellite system can provide global 

FIG. 10 illustrates a ground station according to one coverage however, and thus the principal reason for trans- 
embodiment of the present invention; 20 faring a call to the satellite system occurs when the sub- 

FIG. 11 illustrates macrodiversity used in a cellular net- scriber has travelled to a country which has a non- 
work according to one enibodiment of the present invention; compatible cellular system. 

FIG. U illustrates sector diversity for mobile stations on The satellite ^/^^ 

senders according to one embodiment of the present a 

mvcn 0D * . , , . A ^ which his phone is designed to operate, albeit being within 

FIG. 13 illustrates a terminal employing adaptive power ^ c0 e of a non -compatihle foreign system 

control according to one embodiment of the present wven- ^ subsaibcr5 ^ stm ^ice using the satellite 

tion ; mode of the inventive dual-mode terminal described herein. 

FIG. 14 illustrates an even/odd frame synchronizer 30 m me ^ have been 

according to one embodiment of the present invention; allocated are slightly lower in frequency than the PCS bands 

FIG. 15 illustrates adaptive TDMA formatting according m me United States, and the duplex spacing is 95 MHz as 

to one embodiment of the present invention; and opposed to SO MHz. The European PCS system is known as 

FIG. 16 illustrates baseband frequency hopping associ- 35 DCS 1 800 and uses the 900 MHz GSM standard translated to 

ated with adaptive formatting according to one embodiment the higher frequency bands. 

of the present invention. Avoidance of very frequency selective duplexing filters 

^ mm also facilitates the construction of a terminal that operates in 

DETAILED DESCRIPTION OF THE ^ u s ^ European PCS bands. Thus, it is even possible 

DISCLOSURE ^ to concdvc a pes/pse terminal that is at home in both 

FIG. 1 illustrates the allocations of frequencies for Per- the U.S. PCS system, and European DCS 1800 systems, thus 
sonal Satellite Communications services in world regions avoiding loading the limited satellite capacity still further. 
Rl, R2 and R3 compared to FCC proposals for new fire- For administrative reasons, such as Wiling the subscriber for 
quencies to be offered by auction for new landbased Per- services, such a terminal may be designed to store up to three 
sonal Communications Services. It can be seen that the PCS 45 sets of subscription data, for example a subscription with an 
bands marked DEFG conflict with the satellite PSC bands. operator of the U.S. PCS system, a subscription with a 
However, the FCC has at the present time abandoned plans European DCS 1800 or GSM system operator, and a sub- 
to allocate frequency bands DEFG to PCS, and the planned scription in the global satellite system. The GSM standard 
frequency auction is restricted to bands marked A3 and C. describes the facility to store subscription information 
The separate A. B and C groups represent up- and downlink jq including security and authentication keys external to the 
bands for directions from mobile to base and from base to phone in a plug-in "smart card**. One embodiment of the 
mobile, respectively, and the 80 MHz separation is known as present invention can comprise using a smart card that not 
the duplex spacing. only contains alternative subscription information that is 

In between the up- and downlink bands, the frequencies electronically read into the phone, but also a description of 

will be offered on an unlicensed and largely unregulated 55 the alternative mode and therefore signal waveforms which 

basis. The unregulated band has no envisaged frequency the phone's signal processing will adopt when that subscrip- 

duplex spacing and is only suitable for simplex, half-duplex tion data is in use. For subscriber and retailing convenience 

or press-to-talk system, or systems which use same- however, the preferred embodiment is to adopt the same set 

frequency time-duplex operation such as the Digital Euro- of subscription data including telephone number and to 

pean Cordless Telephone Standard (DECT). 60 ensure that that data will be accepted as valid in all systems 

The duplex spacing between satellite uplink and downlink when the subscriber is roaming between systems, 
bands is seen to be somewhat larger. While mis facilitates Avoiding loading the satellite system unnecessarily can 
the construction of small, low-loss duplex ers that would. actually enhance the satellite operator's revenue, as sub- 
permit transmission and reception through the same anten- scriptions can be sold and fees collected from a greater 
nas simultaneously, duplex ers are still components that are 65 number of subscribers without risking system saturation, 
preferably avoided by using the time-duplex method at least Subscription revenue can greatly exceed call charges when 
in the portable telephone terminal. Avoiding such highly the total number of subscribers is much greater than the 
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20 



number of subscribers instantaneously making calls through 
the satellite system. Thus, it is not necessary to charge a 
premium to subscribers that are temporarily outside cellular 
coverage and who must be connected via a satellite. Call 
charges and hilling can thus remain at the same levels 
irrespective of how the service is delivered, i.e., via a 
satellite or via a land network, so that the u se of the satellite 
or landbased network is completely transparent to the sub- 
scriber. 

FIG. 2 illustrates the TDMA transmission format 
employed in GSM at both 900 MHz and 1800 MHz bands. 
A superframe comprises 4x26 TDMA frames. In every 26 
successive TDMA frames, the first 12 carry traffic informa- 
tion. Frame 13 is idle and can be used by a mobile terminal 
to read identification data from nearby base stations. Frames 
14-25 carry traffic information, and frame 26 carries one 
fourth of a Slow Associated Control Channel message 
(SACCH). Four such blocks of 26 frames are required to 
complete delivery of one SACCH message, while each 
group of 26 frames delivers traffic data representing six, 20 
raS speech vocoder data blocks. Each 20 mS block of coded 
data representing a segment of the speech waveform is 
spread over eight consecutive TDMA frames in a process 
known as block-diagonal interleaving. Each 8-frame inter- 
leaved block is half -overlapped and merged with 4 frames of ^ 
each of me adjacent speech blocks in order to fill each 
timcslot with bits that have come half from one speech frame 
and half from another. Each TDMA frame is then transmit- 
ted on a different frequency using frequency hopping to 
obtain the benefit known as interference averaging or inter- 
ferer diversity. 

Each TDMA frame 20 which lasts approximately 4.615 
roS is divided into 8 timeslots 22. One mobile signal utilizes 
only one of the eight timeslots in each frame, and other 
mobiles use the other timeslots. FIG. 1 also shows the 
internal structure of data symbols within each slot A 26-bit 
syncword 30 of known symbols lies in the center of the slot 
and is used to determine the characteristics of the transmis- 
sion channel and to train an equalizer to perform optimum 
demodulation. On either side of the syncword, two flag bits 
32 and 34, respectively, are placed The flag bits from eight 
consecutive frames over which a speech block is interleaved 
are majority combined to form an indication of whether the 
interleaved block is speech, or a Fast Associated Control 
Channel (FACCH) message. A speech block may be stolen 
to send an urgent FACCH message, indicating, for example, 
that the mobile has reached edge of cell and is to be handed 
off to an adjacent cell, and the flag bits indicate to the phone 
when a block has been stolen for FACCH. 

On either side of the Flag bits lie 57-bits of data 36 and 
38, respectively, that may form part of a speech block or 
FACCH message as described above. Half of the 114 bits 
belong to one speech or FACCH block and the other half to 
an adjacent interleaved block. At each end of the slot, tail 
bits 40 and 42, respectively, are added The tail bit periods 
are used partly to terminate the equalizing demodulator 
operation cleanly when equalizing for delayed echoes, and 
partly to permit the transmitter power to be smoothly 
ramped up and down to avoid spectral spreading into 
adjacent frequency channels. 

One coded speech frame thus consists of half of the 114 
bits from 8 consecutive slots, that is 456 bits per 20 mS or 
22.8 kilobits per second on average. A portion of the 456 bits 
represents perceptually important speech bits transmitted 
with a 2:1 redundancy for error protection. A rate Yi con- 
volutional code is used for this purpose. After decoding, the 
2: 1 redundancy is removed for this portion of the bits and me 



decoded bitrate is then an average of 13 kilobits/second The 
speech vocoder operates at the 13 KB/s rate, which provides 
good sound quality, even with non-speech input sounds such 
a background noise. 

A satellite system normally sacrifices some of the advan- 
tages of high quality vocoders, namely the just-mentioned 
robustness against non- speech background noise, in order to 
reduce the information rate transmitted and thus conserve 
satellite and mobile battery power. Power is more critical for 
communicating with a satellite because of the great dis- 
tances involved Typically, a satellite communications sys- 
tem may employ a speech vocoder operating at 4 kilobits per 
second When noise limited rather than interference limited 
it is not advantageous to apply error correction coding only 
to a portion of the speech bits, so a rate Yi code may be 
applied to the whole of the 4 kilobits per second raising it 
to a coded bitrate of 8 kB/S. This is around '/ud of the GSM 
coded information rate. The lower bitrate could be trans- 
mitted from the satellite to the mobile using a proportionally 
lower bandwidth. This is undesirable however as the filter 
components used to establish receiver bandwidths are large 
and costly, and it is one objective of the present invention to 
avoid duplication of receiver filters for a cellular bandwidth 
and a different satellite bandwidth. 

Alternatively, the reduced satellite bitrate could be trans- 
mitted using the same bandwidth but in a shorter timeslot 
containing fewer bits. The number of timeslots in the TDMA 
frame could then be increased to serve other mobile con- 
versations. The energy used per conversation thus reduces, 
which is the objective of using the lower rate vocoder. A 
shorter timcslot containing fewer information bits is how- 
ever not desirable, as the overhead of the sync word flag bits 
and tail bits would be a higher proportion of the total 
throughput leading to inefficiency and loss of capacity. 
Therefore, the invention comprises instead transmitting the 
same number of bits per slot but increasing the time between 
slots to reduce the average bitrate, i.e., to increase the 
TDMA frame period by increasing the number of slots. 
The factor by which the number of slots in the frame 
40 period is increased must clearly be a small integer. The effect 
of this factor on raw bitrate and the number of signals 
accommodated per 200 KHz carrier is shown in the table 
below: 



30 



33 



43 



50 



FACTOR 


FRAME LENGTH 

(SLOTS) 


RAW BITRATE 
(KB/S) 




1 


8 


22.8 


(OSM) 


2 


16 


11.4 


(GSM 








-HALFRATE") 


3 


24 


7.6 




4 


32 


5.7 





55 



As the number of slots in the frame increases, it may 
appear that the capacity of the system is increased. However, 
this ignores the effect of cochannel interference. When less 
coding is provided, the tolerance to interference is lower and 
it is necessary to increase the distance between mobiles 
using the same channel, thus allowing frequency re-use only 
60 on a sparser grid. This trade-off is more specifically 
addressed in U.S. patent application Ser. No. 08/179,958 
entitled M A Cellular/SateUite Communication System with 
Improved frequency Reuse", which is hereby incorporated 
by reference in its entirety. The trade-off is repeated here in 
order to illustrate how the frame length (in slots) is chosen. 

Clark and Cain "Error Correction coding for Digital 
Communications" gives the required Eh/Nos for 0.1% BER 



65 
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for constraint length 6 convolutions! code rates of #. : AVi 
and Vy as follows: 



r 


Eh/No for BER = 0.1% 


1 


6.7 dB 


3/4 


39 dB 


2/3 


3 J dB 


in 


3D dB 


1/3 


2.6 dB 



Values for lower rates of l A and l /5th are estimated by 
extrapolation. These figures are without interference, and 
must be increased if cochannel interference is present at 
levels described by the Carrier to Interference ratio (C/I). 
The C/I that requires an increase of Eb/No of respectively 
0.5, 1 and 3 dB to compensate for the interference is given 
in the table below: 



is 



REQUIRED 
C/I for 


OS dB loss 




DSS2- . 


3.0 dB loss 


BPSK 


QPSK 


BPSK 


QPSK 


BPSK 


QPSK 


Coding rate 


17.2dB 


20.2dB 


13.7 


16.7 


9.7 


1X7 


1 (ncoe) 












25 


3/4 


13.2 


16.2 


10.9 


13.9 


6.9 


9S 


2/3 


12.2 


15.2 


8.7 


11.7 


4.7 


7.7 


1/2 


10.5 


13J 


7.0 


10.0 


3.0 


6D 


in 


83 


113 


4.8 


7.8 


0.8 


3.8 


1/4 


6.8 


9.8 


33 


6.3 


-0.7 


2,3 


1/5 


5.7 


8.7 


2.2 


5.2 


-1.8 


1.2dB ^ 



It may be seen that while the Eb/No needed for a given 
error rate planes out with increasing coding, the C/I require- 
ment becomes continuously more relaxed as the coding is 
increased due to the steadily increasing bandwidth, which 
provides an increasing spread- spectrum processing gain 
upon decoding. 

The above results for the static channel are pessimistic for 
fading channels. When Rician or Rayleigh fading is present, 
the mean Eb/No must be increased above the static Eh/No 
requirement to maintain the same error rate. However, on the 
satellite downlink, the C/I ratio does not exhibit fading, 
because both the I and C components reach a given mobile 
over exactly the same channel and fade by exactly equal 
amounts. Thus the C/I does not reduce 10 dB when the 
Eb/No fades 10 dB, but stays at the original value. Since 
most of the errors occur when the Eb/No fades much below 
its mean value, the effect of additive C/I of 10 dB at that 
point is not so important. 

Returning to the choice of frame length factor equal to 
123 or 4, these numbers equate to coding rates of approxi- 
mately Yn.8=V5 approx; Vii.4=VS approx; Vr©=V£ appro*, and 
V3.7=*ate V* approx. given a 4 kilobit uncoded voice bitrate 
to be transmitted. 

From the above table therefore, it can be seen that the C/I 
needed for less than 0 J dB degradation of the Eb/No power 
budget using QPSK modulation in a static Gaussian noise 
channel would be approximately as shown in the table 
below: 



8 

•continued 



Frame length 
in slats 


C/I Car QPSK and 
<CJ dB Eb/No loss 


C/I fix 
IM = -20dB 


C/I for -20 dB IM 
aod -16 dB adj. ch. 


24 


13.5 


14.6 


20.2 


32 


15.2 


16.6 


not satidied 


8 


5.2 


535 


5.7 


16 


7.8 


8.07 


8.8 


24 


10j0 


1046 


11.9 


32 


11.7 


124 


M.9 



10 



Fnxne length 
in slots 

8 
16 



C/I for QPSK and 
<0.5 dBEVNo kws 

8.7 
113 



C/I for C/I for -20 dB IM 
IM = -20 dB and -16 dB adj. ch. 



9.1 
12J0 



10.01 
14.09 



It is thus seen that increasing the number of slots, while 
appearing to increase the capacity, also increases the C/I 
requirement, which means that a greater distance must be 
maintained between co-channel users, thus decreasing the 
area density of conversations per Megahertz. 

Another source of co-channel interference is intermodu- 
lation (IM) in the satellite transmitter power amplifiers. 
Intermodulatton may be reduced, but only at the expense of 
power conversion efficiency from expensive solar-cell gen- 
erated DC power to radio frequency communications power. 
Using IM reduction techniques disclosed in U.S. patent 
application Sen No. 087179,947 enutied "Waste Energy 
Control And Management in Power Amplifiers**, which is 
hereby incorporated by reference, it is possible to obtain -20 
dB mtermodulation at zero dB of input backoff, by which is 
meant that the transmitter power amplifiers saturate already 
at an instantaneous signal level equal to the ms value. The 
C/I needed when intcrmodulauon of -20 dB is present is 
indicated in the second last column of the above table. 

Another source of interference is adjacent channel inter- 
ference. The GSM modulation is Gaussian Minimum Shift 
Keying (GMSK) with a Gaussian filter having a BT product 
of 0.3, where BT is the product of fee -3 dB bandwidth B 
with the bit period T. This is described more fully in the 
GSM specifications. GMSK(BT=03) modulation leads to 
energy in the adjacent channels ±200 KHz away that is 
around 18-20 dB down on the main lobe energy. As long as 
the satellite radiates adjacent channel signals at the same 
power level as a wanted signal in between* the sum of the 
interference from both adjacent channels would be between 
-15 and -17 dB relative to the wanted signal. Using a 
median value of -16 dB, the last column in the above table 
gives the co-channel C/I needed with both PA intermodula- 
tion of -20 dB and adjacent channel interference totally -16 
dB. This indicates that the 32-timeslot option no longer 
meets the required signal quality with only an 0.5 dB loss of 
Eb/No performance, due to insufficient coding. The second 
table shows the C/I needed f or a 1 dB loss of Eh/No 
performance, showing that 32 slots can still in principle be 
accommodated. 

Id practice, there are two factors mitigating the effect of 
interference: 

(1) The already mentioned fact that co-channel C/I does 
not vary with fading, and 

(2) The use of Discontinuous transmission, which means 
that half of the co-channel and adjacent channel inter- 
ferers are momentarily silent. 

Against the above mitigating factors however, the 
60 assumption that adjacent channel interferers are at the same 
level as the wanted signal may not be true. It is desirable in 
a satellite or cellular system to employ automatic power 
control to direct extra power only to those mobiles that are 
' temporarily disadvantaged and to reduce power to those in 
a favorable situation. In this way, the total downlink power 
divided by the number of links supported is determined by 
the mean propagation plus fading loss and not the worst 
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case. The power control algorithm can operate indepen- channel must be separated sufficiently on the ground. The 

dently on the adjacent channel signals such that they are aforementioned application which has been incorporated 

increasing while the wanted signal power is being herein by reference discloses how mobiles may be sorted 

decreased To allow adjacent channel signals to have a lOdB groups that satisfy the separation requirement for 

higher power than the wanted signal, it is desirable that the 5 co-channel operation. Greater C/I values require greater 

spectral spreading of the modulation be reduced and that separations, which leads to a reduced capacity per unit area 

adjacent channel energy be reduced from the -18 dB to -20 for mc use of frequency. Since in the future substantial 

dB range to the -28 to -30 dB range. sums may be paid at auction for the right to use a given 

The adjacent channel energy using OMSK results from it fnmn^fb^utncy^ptc^ reducing me canity served 

being a constant amplitude inoduktion. Constant amplitude to £f <^ch fluency bought is not econonucaUy desirable. 

* . 1UWUU.UUU. v^vuouxum, ai^uiuov, w Tnc capacity provided in a given amount of frequency 
modulation is preferred for transmission from mobile spect^s however dependent on a combination of the 
phones as constantnenvelope transmitters are simpler and ^ nccdcd ^a chicvc mc rcquircc ai, and the 
more efficient than non-constant envelope or linear trans- bandwidth occupied by each signal and both (he Ol require- 
mitters. There is however no disadvantage in using linear meDt the bandwidth vary contrarily with the amount of 
modulation on the satellite downlink, as the active phased- 15 coding, jhe re-use distance fox achieving a given C/I may be 
array satellite transponder is in any case adapted to deal with shrunk through the use of larger antenna arrays with free 
multiple signals, whose composite sum has a varying ampii- angular resolution, but this increases the cost of the satellite 
aide. The receivers in GSM mobile phones are furthermore and therefore comparison of different choices needs to be 
normally adapted to treat the received signal as if it were a madc ^ me basis 0 f a constant antenna aperture, 
linearly modulated signal. This approximation of GMSK to 20 The C/I caused by co-channel interference from other 
a linearly modulated signal simplifies the receiver design antenna beams or directions is a function of the antenna 
while causing only a small loss of Eh/No performance that pattern sidclobe characteristics. The sidelobcs and thus the 
is of no consequence in cellular systems. The use of linear interference from adjacent beams may be reduced by taper- 
modulation for the satellite downlink, for which GSM mg ^ ^ across the array. However, tapered 
mobile phone receivers are perfectly adapted, will thus 25 illumination reduces the aperture efficiency and thus the gain 
improve the receiver performance compared to transmitting compared to uniform Rumination. Moreover, the sidclobe 
GMSK, as well as reducing the adjacent channel energy. The i^ei of large phased arrays can be very dependent on phase 
linear modulation that is compatible with GSM receivers is and amplitude tolerances, which arc therefore preferably 
a form of Offset Quadrature Phase Shift Keying (OQPSK). controlled adaptrvely as described in the aforementioned 
This modulation is generated by applying positive or 30 patent application. With non-adaptive control, perfect phase 
negative-going signal impulses representing even-numbered ^ amplitude matching and uniform aperture illumination 
data bits to one filter channel (the I-channel) alternately with ^ c co-channel C/l is shown in FIG. 3 as a function of the 
applying signal impulses representing the odd-numbered r^nsc distance. The distance is given in terms of the -3 dB 
data bits to a second filter channel (the Q-channel). The diameter of the main radiation lobe, 
filtered outputs of the I and Q channels then muMpUcatively 35 ^ spacin g for 0i5 and 1 dB C/I loss respectively as 
modulate a Cosine and a Sine carrier wave respectively a function of the number of timeslots (amount of coding) 
which are then added to form the OQPSK signal The filter ftx>m pjQ 3 ^ greater than the following: 
characteristics thus define the transmitted spectrum. GSM 
uses Gaussian filter shapes defined by a BT product of 0.3. 

This restricts the bandwidth and causes some wtersymbol 40 8-sfct 16-skn 24-sk* 32-sfct 

interference, which nevertheless is compensated by the . 

equalizing receiver. Reducing the BT product to 0.25. for ^ D ^> D 

example, improves the suppression of adjacent channel capacity (channels per 200 KHi PER D 2 * 
energy at the expense of introducing more TSL This would 
not be desirable in the GSM system where the equalizer 45 

needs to reserve is capability to deal with ISI arising from 

delayed echoes in the land-mobile radio propagation envi- 
ronment caused by reflections from mountains, tall buildings The uncertainty for the 16-slot (0.5 dB C/I loss) and 
and so-on. The satellite-mobile propagation path suffers less 24-slot ( 1 dB C/l loss) cases is due to optimistically counting 
from such delayed echoes however, as the path is more so on a 3 dB C/I increase due to DTX and the pessimistic 
nearly Une-of- sight Therefore the adjacent channel suppres- assumption that the peaks in the C/I versus distance sepa- 
sion of the satellite transmissions may also be improved by ration curves will be eroded due to irregularities in the 
more filtering such as by reducing the BT product of the frequency re-use grid, or by the array radiation diagrams not 
Gaussian premodulation filters* as well as by using GMSK- showing clean nulls in their sidelobe patterns. The use of 
compatible linear modulation, both techniques being com- 55 adaptive array signal processing tends to produce the higher 
pletely compatible with existing GSM mobile phone recep- figure while non-adaptive array processing tends to produce 
tion techniques. the lower figure. 

Nevertheless, this only mitigates the effect of adjacent A summary of these capacity estimates is plotted in FIG. 

channel powers potentially being higher than the wanted 4. It is clear that a choice of 16 or 24 with a leaning towards 

signal due to the operation of dynamic power control so that 60 the smaller number results in the greatest spectral efficiency 

the assumptions in the above tables are valid. The result for a given impact on power efficiency. When account is 

illustrates that the amount of room for coding in the 32-slot taken of the extra 04 dB of coding gain in the use of rate 'Ard 

case is marginally insufficient is a potential problem for coding (16 timeslot case) as opposed to rate Vi coding (24 

adopting the 32-slot format as the one and only waveform timelsot case), the power efficiency of the 16-slot case with 

available. 65 1 dB degradation due to C/l is equivalent to mat of the 

To achieve the co-channel C/l values required for differ- 24-slot case with OS dB degradation. However, the capacity 

ent amounts of coding, mobile stations re-using the same estimates for these two cases are 14 and 6 for 16 and 24 



0.5 dB C/I low 6.7 4.4-11 5.7 2.9 

lAdB C/Ikxss 8 14 7/4-18.8 8.4 
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timeslots. respectively, which reinforces the argument for FIG. 5 illustrates TDMA frame structures that can be 

fewer timeslots and more coding, Le. the 16-timeslot choice. formed when using 8,1624 or 32-slot frames. In the 16-slot 

Thus, the so-called GSM half-rate TDMA format has been TDMA frame case, it is also necessary to provide 16 

demonstrated to be close to an optimum choice for a satellite independent SACCH message transmissioos. Thus is done 

conununications waveform from both power and bandwidth J eliminating theidlc frame (13) and instead forming a 

effidency viewpoints, although it is used in this invention in double-length SACCH frame. The idle frame is no longer 

aSSt Wfrom mat envLged in the GSM standards. "^sary. as even rfthe re <^™?^ f ^* ^ 

. JJXm a * * * r-oiji *~ »~«««it h«if oels without losing traffic data, the 16-slot format provides 

n>e half-rate TDMA f crmatis used in GSM to transmit half of mc crigilial Vslot frame periods offreetimein every 

the information rate while the format is used in this inven- TOMA fnui ^ in p arc 4 t0 tfaeGSM 8-slot format; thus 

tion to transmit *4 the information rate with twice as much 10 adequatc time is available in the format for scanning 

coding. This facilitates the construction of a dual-mode for otte tf ^ ^ 

satellite/cellular terminal and opens the possibility to also ^ j^cch frame is also changed to 16 slots in confor- 
revert to the GSM half-information-rate speech vocoder in ^jty with the speech frames, since this gives a more regular 
the satellite mode in order to obtain higher quality satellite structure than transmitting the additional 8 SACCH mes- 
communications when Unk margin allows, dropping back to 15 sages in the original idle frame positions of the 8- slot 
a 4 Kilobit vocoder when needed to maintain the link as structure. The 16-slot frame structure also provides 6, 20 mS 
signal levels become marginal. voice frames or 3, 40 mS voice frames of data per 120 mS 
The option is also open to occasionally transmit only structure repetition period with the same interleaving pattern 
every alternate one of the allocated slots in a nominally for all channels. Unfortunately this desirable feature is 
16-slot frame using a coding rate of Vvd& approximately 20 difficult to provide with the 24-frame format When three 8 
instead of '/tfd, that is to adopt a 32-slot frame, when slot frames are grouped to form a 24-slot TDMA frame, the 
conditions allow. A further option is to transmit the allocated number of 24-slot frames per 120 mS structure period 
slot in a 16-slot frame alternately from a first and a second becomes 8. However, 6, 20 mS voice frames or 3, 40 mS 
satellite to obtain path diversity, as described in U.S. patent voice frames have to be interleaved over the 8 TDMA 
application Ser. No. 08/354,904 entitled "Satellite 25 frames. Since 8 does not divide by three, the same inter- 
Diversity", which is also incorporated by reference herein. leaving pattern cannot be used for all speech frames. On 
The bits transmitted by each satellite should preferably be average, a TDMA burst in the 24-slot format must contain % 
chosen each to constitute rate Vsrds codes such that either of a 20 mS speech frame, so 1 and Yard bursts are required 
alone could be efficiently decoded, signal quality permitting, to accommodate a whole speech frame. The interleaving 
while both can be jointly decoded as a rate 'Ard code when 30 pattern can be made regular, the same for all speech 
the signal quality of neither alone is adequate. Satellite frames and channels, only by increasing the inteleaving 
diversity according to this technique provides improved delay to span a rnultiple of three TDMA bursts, Le. 24, 
performance when the signal from each satellite fades which is undesirable because of the attendant increase in 
independently, as can happen due to the user turning his speech delay, or by changing the vocoder analysis frame 
head and shadowing the signal from one satellite but not the 35 period from 20 or 40 mS to 15 mS or 30 mS, such that a 120 
other. As a final option, noting the ability to receive infor- mS structure period then contains 8 or 4 vocoder frames 
[nation with a rate Virds code and only using every 32nd slot which can be distributed between the 8 TDMA frames in a 
when signal quality allows, this mode can be useful in regular manner. Since most available vocoders operate on 20 
certain non-uniform traffic distributions in order to increase mS or 40 mS frames, the 15 or 30 mS vocoder frame is not 
the peak capacity in certain cells when the neighboring cells 40 a preferred option. 

are lightly loaded. When other cells do not need to use the FIG. 5 also illustrates a 32-slot frame structure. This is not 
same frequency channel due to a low traffic demand in those necessarily intended to support 32 independent users from a 
cells, the C/l is improved allowing rate vfrds coding and the bandwidth efficiency perspective, as that would require 32 
32-timeslot format to suffice, thus doubling the capacity in independent channels of SACCH messaging. This may in 
a cell with a high traffic demand. According to one aspect of 45 turn require an increase in the structure period to 240 mS in 
the invention, the transmission of information every 32th order to obtain a 32-slot SACCH frame once in every 52 of 
slot using rate Ysrte coding, for example, or every 16th slot the original GSM frame periods. This is not a preferred 
using twice a much coding may be chosen by the satellite approach as it introduces a 16 mS hiatus in speech trans- 
system at any time and even dynamically without forewarn- mission that has to be bridged by means of a delay buffer, 
ing the mobile phone of the change. According to the present 50 thus adding extra speech delay. The 32-slot TDMA structure 
invention, a mobile station receives every 16th slot all the is primarily intended to be regarded as the transmission of a 
time but determines when that slot contains intended infor- burst allocated in a 16-slot TDMA frame every second 
mation and if not labels the missing bits as erasures or zero frame, when signal quality allows, in order to accommodate 
quality values at the input of the error-correction decoder. more users from a satellite power utilization perspective. 
The system may, for example, indicate when the information 55 The slots not transmitted in one beam can be chosen to 
transmitted in a slot is not intended for a particular phone but coincide with slots that are transmitted in half of the sur- 
for another phone by using different syncword patterns rounding beams and both adjacent channels in the same 
embedded in the TDMA burst according to FIG. 2. The beam, thus improving C/L In other words, alternate fre- 
different syncwords are preferably chosen to be orthogonal quency channels in the same beam transmit in alternate ones 
patterns to facilitate discrimination. Even when two convex- 60 of the 16-slot frames, while co-channels in a second beam 
sations to two phones are taking place using odd and even transmit in slob corresponding to adjacent channel transmis- 
16-slot frames, respectively, Le., each mobile gets every sions in the first beam. If the advantage of the 32-slot 
32nd slot interleaved with the other mobile, when one structure is to be used to improve capacity in heavily loaded 
speaker is temporarily silent, which happens half the time cells when traffic distribution is uneven, as described above, 
(DTX). the other mobile may be sent every 16th slot thus 65 the SACCH message can be addressed to one or another 
providing doubled coding protection for at least half the time mobile sharing the same channel in alternate frames by 
to both mobiles. using an odd/even indicator bit in the body of the message. 
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A rate Vjid code can be constructed as a rate %ths code, generator, so that the two mobiles paired in the above 

which generates 6 coded bits for every two information bits manner are not always the same two mobiles but are paired 

that are input Furthermore, the six coded bits can be with others pseudorandomly from frame to frame, 

distributed by interleaving between two successive TDMA Using the above aspect of the present invention, a mobile 

frames such that three of each six occur in both frames and s receiver cannot predict whether every 16th slot will contain 

constitute a good rate y^rds code when only alternate frames intended information or every 32nd slot will contain 

are used, and which may be regarded as a punctured rate intended information. Consequently, the mobile receives 

%ths code. In a punctured rate %ths code, if the 6 coded bits both odd and even slots and checks for an identifier to 

are labelled PI ^2 ... P6 it need not be so that P1,P2J>3 are determine if the slot is identified as intended for it or for a 

assigned to one burst and F4,P5,P6 to the next burst for 10 different mobile. The GSM format comprises a 26-bit syn- 

every information bit-pair, but can for example mean that cword in the middle of the slot which is always the same bit 

coded bits PIP2P3 for even data bit-pair shifts into the pattern for an intended mobile. The other mobiles that can 

encoder are assigned to the same burst along with P4^S JP6 transmit on that slot may be allocated different syncwords 

for the odd data bit-pairs. This guarantees like performance preferably orthogonal to the intended syncword so that their 

of the rate %rds code obtained by a mobile receiving either is intended information may be easily discriminated, 

the odd or the even TDMA frames, as all six encoding The GSM standard discloses interleaving blocks of 

polynomials are used in equal amounts in bom cases. A speech data representing 20 mS speech segments over eight 

punctured rate 'Ard code can also be employed, with PI full-rate frames, using every 8th slot over an 8-flame, 64- slot 

being assigned to even TDMA frames for even data bits and interval. The speech blocks are diagonally interleaved over 

P2P3 being assigned to odd frames for even bits, and vice 20 this interval with half of a previous block in the first four 

versa. This also guarantees like performance whether only frames and half of a subsequent block in the second four 

odd frames or even frames are received. frames. 

When a 16- slot format is used and alternate frames are In the 16-slot frame format, the same interleaving period 

transmitted from different satellites, the frames may or may comprises only four of the longer frames, wherein two of 

not be transmitted on the same frequency. The GSM format 25 these frames are the even frames discussed above and two 

includes sufficient guard times to allow a frequency synthe- are odd frames. Each frame may or may not contain data for 

sizer to change frequency between even and odd frames in the same mobile depending on whether the signal for 

order to construct a frequency hopping system. Thus satellite another mobile is silent or not Therefore, each mobile 

diversity can be provided by transmitting the even frames receives both an odd and an even frame slot and the mobile 

from one satellite on frequencies fi,lZf4 . . . and in between 30 determines if the slot contains data for it The slots deemed 

rransrmtting the odd frames from another satellite on fre- to contain intended data are demodulated to obtain coded 

quencies fl,f3i5 . . . bits. The coded bits are in the form of "soft decisions" that 

When only one satellite is available, it may transmit only comprise quality information related to signal to noise ratio 

even bursts, only odd bursts, or both, according to the link of the bit Bits not received corresponding to a slot deemed 

margin and coding gain needed. When only even bursts are 35 not to contain intended information are given a quality or 

transmitted, the odd bursts may be used for another 16 soft value of zero, corresponding to a symbol erasure. Bits 

mobiles and a 32-slotTDMA system is in use. In any duplex having the erasure indication are said to have been punc- 

conversation, on average one party is silent for half the time, hired out and the subsequent error correction decoding can 

due to the other party talking. Thus even when different save resources by not including punctured or deleted code 

mobiles use an even slot and a corresponding odd slot 40 bits in its decoding process. After deinterleaving, bits origi- 

respectively, both slots are available to transmit to each nalfy punctured outin a contiguous block due to the whole 

mobile for on average half the time, when the speech for one slot being non-intended are dispersed between bits of non- 

of the mobiles is temporarily silence. Moreover, with the use zero quality and so the error correction decoder receives 

of independent frequency hopping for the odd and even many good bits in any section of coded data, thus enabling 

frames it can be arranged that the odd slot corresponding to 45 it to decode the information. In any speech block, two slots 

the even slot allocated to a particular mobile is not always will definitely have contained valid data giving three coded 

associated with the same other mobile. Thus the probability bits per two information bits, that is 6 coded bits for four 

of the corresponding slot being silent and thus available for information bits, while half of the other two slots will also 

enhancing transmission is a random 50% from frame to contain intended data, giving a further 3 bits on average 

frame. This is an improvement on the earlier description of 50 representing the same four data bits. Thus, the average 

using DTX such that each mobile benefits from the other 1 s coding rate obtained is 9 coded bits per four data bits, or 

silence half the time, in that the periods when both are better than rate Yi coding. The least coding obtained is rate 

talking and neither benefiting from receiving every frame : /\rds. while the most coding obtained is rate </trd when all 

are not prolonged periods when frequency hopping is four successive slots are directed to the same mobile. The 

employed in this inventive manner. 55 random variation of coding rate between rate V^ds, rate Vi 

According to this aspect of the invention, one mobile is and rate Vtfd from one speech frame to another is not of 

allocated a first one out of every 32 slots in a TDMA signal particular significance, as the perceived speech quality is 

structure on which it will always be given priority to receive related to the mean speech block error rate, usually called a 

information, and a second slot on which it may also receive frame erasure rate (FER). Correct decoding of a speech 

information if so indicated by an indication contained 60 block may be checked by including a Cyclic Redundancy 

therein. A second mobile is given priority to receive infor- Check code in the block. Blocks detected with the help of the 

mation on the second slot while receiving information also CRC code to have been decoded in error are termed Erased, 

using said first slot when the first mobile does not need An erased block, representing a 20 mS segment of the 

priority due to that direction of conversation being tempo- speech waveform, is prevented from causing an annoying 

rarily silent Furthermore, the frequency on which Informa- 65 click or noise burst in the earphone by replacing it with a 

tion is or may be transmitted to a particular mobile is varied sound segment previously received correctly. This technique 

every 16 slots by means of a frequency hopping sequence of *T>ad frame replacemenT is disclosed in British Patent 
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No. 2 103 052 and U.S. Pat No. 4,532,636, which is but it may choose sometimes to omit transmission of alter- 

inoorporated herein by reference. Variations adapted to nate slots and thereby adopt the 8-slot format, or indeed not 

voice coders that represent speech segments by Sets of to transmit at all if the speaker is temporarily silent (DTX) 

numerical parameters are also known by the general term thus conserving the most power. The SACCH frame is 

parameter imerpolation w . Parameter interpolation may be 5 however always transmitted on both up and down links 

used to bridge over speech frames lost due to errors, and irrespective of the voice activity, so as to maintain link 

acceptable speech quality for telephone calls is deemed to be synchronization. The mobile also is able to transmit at either 

obtained when the PER is 5% or less. Thus, providing some full power or any one of a number of progressively lower 

frames with more coding and energy than others reduces the power levels as further means of saving battery power, as 

FER compared to transmitting only the 32-slot format, and 10 "talk time" between battery charges is of critical interest to 

thus allows the quality criterion to be met even though the the user. 

same number of mobiles has been accommodated in the The choice of power level and the use of 4 or 8 slot uplink 

spectrum as if the 32-farraat had been used permanently. mode is made by the mobile using a power control algo- 

The above technique improves spectral utilization effi- rithm. The preferred power control algorithm comprises 

ciency by accommodating twice as many users in the same 15 both an open loop and a closed loop element, defined by the 

bandwidth while using an increased amount of coding on equation: 

average per signal, through exploiting discontinuous trans- 

nS, K UVK mafalX ^plcntM * provid*3 L2VEL=CONSTANT-RE- 
dB in power efficiency by simply driving the satellite 

transponder 3 dB harder towards saturation to compensate 20 with the understanding that all quantities are on the loga- 

for half the signals being silent The active signals get rithrnic decibel scale. For example, if the maximum effective 

roughly double the power on average by this means. transmit power level available is 0.5 watts (+27 dBm), and 

Attention is now turned to the corresponding uplink the minimum decodable signal strength is -112 dBm, the 

format It is not desirable to increase the number of slots in above equation might read: 

the uplink TDMA frame when the vocoder bitrate is 23 efpechvb TX power W«)=<-85)-RECElVED signal 

reduced, since this increases the peak-to-mean ratio of the ^Sth (d**) C^*^*"™™" wwwu - 
mobile phone transmitter. Portable battery operated phones 

are limited in the peak current as well as the mean current It can be verified that the above equation sets the effective 

that can efficiently be drawn from the battery, owing to the transmitter power to the m axi m u m value of +27 dBm when 

battery's internal resistance, which increases at end-of-life. 30 the received signal strength is at the minimu m useable value 

Therefore the preferred solution for the uplink is to reduce of -112 dBm. This is based on the reasonable assumption 

the bandwidth of the transmission or to use more coding, in that the uplink path will also be marginal when the downlink 

both cases with the aim of avoiding an increase in peak-to- path is marginal, thus requiring maximum transmitter power, 

mean power ratio. As has been seen in the case of the The closed loop element of the above power control algo- 

downlink, increasing the bandwidth by use of redundant 35 rithm comprises allowing the fixed network via a land base 

coding does not necessarily cause a loss in spectral effi- station or satellite relay station to control the value of 

ciency and capacity, but the reverse, due to a reduction in the CONSTANT used by the mobile to be values other than the 

frequency re-use distance. exemplary -85 used above. For example, if the network 

FIG. 6 shows the correspondence between up and down- controls the power level it allocates to transmit to the mobile 

link frequencies and timeslots when using the invention 40 terminal, then the signal strength received at the mobile 

disclosed in U.S. patent appUcation Ser. No. 08/179,954, and varies with the allocated downlink power level even if the 

the uplink comprises 4 timeslots on each of four 50 KHz downlink propagation path has a constant attenuation. The 

channels in 1:1 association with 16 timeslots on one 200 fixed network should therefore from time to time by means 

KHz downlink channel. The incorporated invention pro- of the SACCH message facility, for example, command the 

vides a nominally constant time-duplex spacing between 45 mobile to use different values of CONSTANT in dependence 

transmit and receive for all channels, which is useful in on the mean level of downlink power transmitted for that 

simplifying the design and operation of the mobile phone. mobile. Alternatively or additionally to the relatively slow 

Just as alternative 32-slot and 16-slot operation modes SACCH mechanism for performing closed loop power 

may be dynamically mixed on the downlink, the present control, a faster feedback method can be employed which 

invention comprises corresponding alternative 8 and 4-slot so allocates one bit of transmitted data to signify to the mobile 

modes on the uplink. The motivation and dynamic selection that it shall step up or step down its transmitter power by a 

by the mobile to transmit on every 4th uplink slot or every given amount for example by incrementing or decrementing 

8th uplink slot is different from the motivation of the system the value of CONSTANT. Considering propagation delays 

to use 32 or 16 slot formats on the downlink. The system in a satellite system however, the speed advantage over the 

chooses to transmit in the 16-slot format when it is power 55 use of SACCH may not be great 

limited and not bandwidth limited, as the 16-slot format An alternative power control system may be used which 

contains more coding and is thus more power efficient The provides the mobile unit with more control over the power 

satellite's multi-carrier power amplifiers thus need to alio- used on both uplink and downlink. Usually a system opera- 
cate a smaller proportion of their total power to a particular tor does not wish to place control in the hands of mobile 

mobile if the 16-slot mode is used. 60 units. However, in the case of satellite cornmunications 

By contrast the mobile unit conserves power when trans- where billing rates can be adjusted according to the satellite 
mitting in the 8-slot format rather than the 4-slot format, as power consumed, the problem of potential abuse is less 
it transmits more efficiently using a higher power for half the worrisome. It is in any case normal practice for the mobile 
time than a lower power for twice the time. Since the mobile unit to report using the SACCH message facility, the signal 
does not have a multi-carrier power amplifier, its transmitter 65 quality or strength it recently received on the downlink. The 
achieves maximum efficiency at full power. In this mode of network station receives the information relayed over the 
operation, the mobile unit is allocated every 4th uplink slot satellite from all active mobiles and then reallocates the 
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downlink power to attempt to equalize their received signal reference. Thus, only mobiles that are not favorably dis- 
qualifies based on the reported signal quality. posed to be received by either satellite need to belong to the 

By making the algorithm that the network uses to allocate group that transmits every 4 timeslots. 

downlink power based on reported signal quality a deter- It may also be noted that two-way conversation generally 

ministic or predictable one, the mobile can predict ahead of s comprise a flow of speech traffic in only one direction at a 

time after sending a signal strength report what power the time, thus the benefits of 16 versus 32-slot downlink usage 

network will allocate on the downlink to that mobile in some should not be required by the same mobile at the same time 

future frame delayed by the loop propagation delay to and as the benefits of 4 versus 8 slot uplink usage. Consequently, 

from the satellite and ground network. Thus, the mobile can if a first mobile detects that it is receiving information on the 

itself adjust the value of CONSTANT to compensate for 10 downlink in every loth slot, it indicates that a second mobile 

future changes in the downlink power. with which it is instantaneously paired is silent on the 

Irrespective of which of the above variations of power downlink and therefore probably active on the uplink. The 

control algorithm is used, the required transmit power is first first mobile should then only adopt the 8-slot uplink mode or 

determined as a numerical value inside the control processor be silent (DTXed). On the other hand, detecting in the first 

of the mobile terminal. The power level computed is then is mobile that only one out of 32 timeslots was transmitted to 

used to command the duty factor (4 or 8 slot mode) and the it indicates that the downlink of the second mobile was also 

burst power level of the mobile transmitter. If the maximum active and mat transmission on every 1 out of 8 or 1 out of 

power level is demanded, the mobile uses the 4 slot mode at 4 uplink slots may be permitted. In thus way, uplink clashes 

maximum burst power if the network has previously indi- are confined to those times when the downlink is the 

cated that the mobile may transmit on every 4th slot 20 principal direction of speech activity. 

Otherwise, the 8-slot mode is used at maximum burst power. FIG. 7 shows a dual-mode satellite/cellular terminal suit- 

For power levels between maximum and 3 dB below able far use with the present invention. A dual-mode receiver 
maximum, the 4-slot mode is also used with a power level 112 is capable of operating in either cellular or satellite 
reduced by up to 3 dB. For power levels of 3 dB or more frequency bands to downconvert and digitize received sig- 
lower than maximum, the 8-slot is used either at full burst 25 nals received in allocated timeslots. The burst selector 113 
power (corresponding to a demand for full power -3 dB) or determines whether the received signal bursts are digitized 
at less than full power. As an alternative the mobile can every 8th burst or every 16th burst It may, if 16-slot format 
alternate between transmitting the 4-slot and the 8-slot has been specifically disabled by command from the 
mode, effectively deciding on a frame by frame basis in network, only digitize every 32nd slot until further notice, 
dependence on the received downlink signal quality in the 30 A burst processor 114 receives digitized bursts and pro- 
previous downlink burst whether it shall transmit also on a cesses them in either a GSM mode (8-slot, full-rate or 
second slot out of every 8 or only on one of the 8. 16-slot half-rate) or in a satellite mode (16-slot or 32-slot). 

Thus, it can be seen that the preferred power control Bursts are processed by correlating with known sync pat- 
method is to employ a duty factor variation between l A and terns to obtain channel coefficients for each burst The 
} A to effect the top 3 dB of power control range, as this may 35 channel coefficients arc used to demodulate each burst to 
be accomplished while leaving the transmitter in its most produce soft information bits having both polarity and 
efficient full-power regime during the transmitted bursts. quality attributes, where a zero-quality attribute signifies an 
When more than 3 dB reduction of power is called for, the erased or non-received data symbol The soft information is 
preferred approach is to have the mobile transmit at the de-interleaved to produce symbol blocks for decoding which 
highest and most efficient burst power level but with the 40 are decoded using the associated soft information to produce 
lower or lowest duty factor available. In a satellite ot cellular speech segment data and error concealment information, 
system, considerable link margin must be available to cope Speech decoding in a speech decoder 115 converts the 
with fading and shadowing mat can occur depending on the decoded speech blocks to an analog speech waveform in 
mobile's location or movements, but maximum margin is which noise or glitches due to non-received or mis decoded 
not required all the time. Dynamic power control as dis- 45 blocks have been bridged over by use of the error conceal- 
closed above allows the mobile unit to achieve considerable meat information. 

battery power savings on average by only using high power In the transmit direction, speech from a microphone 120 

or a duty factor when needed. is digitized and coded in an encoder 121 in either a satellite 

The use of an Va alternative X A duty factor as an uplink mode at typically 4 KB/S or in a GSM mode at 13 KB/S. 

power control means is different from its use to double 50 Digitized and source coded speech from the microphone 120 

capacity in bandwidth-limited cells. Both modes may how- is fed to a burst builder 122 which includes error correction 

ever be used in the same system as long as the system coding for the GSM mode and satellite mode. In the satellite 

indicates to a mobile which mode it shall assume from time mode, the same data is coded for transmission in even 

to time, such as at call set up or later during a call by using frames and odd frames. The burst builder mode is controlled 

SACCH or FACCH messages or other mechanism. For 55 by a central controller 140 to generate bursts with either the 

example, the mobiles in a heavily loaded cell can be divided GSM or satellite bit-formats. 

by the network into a group that is signal-strength- A burst modulator 123 receives burst dam and modulates 

disadvantaged, for whatever reason, that shall be allowed to it onto a radio frequency carrier at either the GSM burst 

use 4 or 8-slot mode dynamically, and a group that is more bitrate or in satellite mode at Vi that bitrate for four times the 

favorably disposed that can get by with 8-slot operation, thus 60 burst length. The modulated carrier is unconverted to final 

doubling the capacity for that group. Regrouping can take frequency in a transmitter 124 with the aid of a local 

place dynamically should a mobile unit change from being oscillator signal from a synthesizer 134. 

favorably located to being unfavorably located. When two AT/R switch 132 in the cellular mode or aT/R switch 131 

satellites illuminate the same area, bom can attempt to in die satellite mode is controlled by the central timing 

receive each mobile transmission and thus improve uplink 65 controller 140 to connect an antenna to cither the receiver 

signal quality by satellite diversity as disclosed in the 112 during burst reception or to the transmitter 124 during 

aforementioned application that has been incorporated by bunt transmission. Although FIG. 7 shows separate anten- 
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nas 130 and 133 for satellite respective cellular optimal grouping. For example, bits can be grouped into a 

transmission, this is not meant to exclude (be possibility of 40-bit block for transmission every 10 mS in such a way that 

using a common antenna, or even a common T/R switch, failure to receive any one block docs not erase all the 

frequency bands and other design considerations permitting. important bits for reconstituting a speech waveform, but 

FIG. 8 shows the burst processing flow in satellite mode, s allows adjacent blocks to be used to fill in missing infor- 

The burst processing for the GSM mode is not shown as this ^l^** ? f ™ concealmem a^thnu 

is available in thTprior ait of GSM mobile telephones. f Each 4^J^uc^u«ig 

When every 16th slot is digitized from the receiver 112. mt V™ Mocks ta *^*JW*«*^»<* 
mm „ / . ^ ^_ , ■ .I • . either 60-bit block alone is sufficient to reconstitute me 
a sorter 150 dctenrun^ethcr the burst shall beprocessed «« ^ whilc tion of both allows reconstruction 
as an even trarne/burst or as-an odd frame/burst. This 10 of me 40 . br t block under more adverse signal-to-noise-ratio 
decision may amount to no more than examining the least ^^^5, The 60-bit blocks are separately enciphered 
significant bit of a 16-slot counter. Even frames are pro- using a tey fa ^ mobflc su bscriber in question in 
cessed in a sync correlator 151 using the sync word that is cipher unit 163. In a communications system, ciphering can 
expected in even frames. Odd frames are processed in the {a ^ c p^ cc ^ i CY els in the infrastructure, but cipher- 
sync correlator 151 using the syncword expected in odd 15 t>its just before modulation on to the radio carrier, Le.« 
frames. after error correction coding, has the advantage that non- 

For a particular mobile, the odd and even syncwords can intended co-channel signals produce interference that is 

be the same and then the syncword for an another mobile better filtered out by the error correction decoding process, 

mat can use the same slots is chosen to be orthogonal. and so is pefetred. If an encryption algorithm 163 operates 

Alternatively, mobile A can use syncword 1 in even slots and 20 by modulo-2 addition of a key stream, it must encipher the A 

synchword 2 in odd slots, while mobile B can use syncword and B-word outputs using different keystream bits to pre- 

2 in even slots and syncword 1 in odd slots. The sync serve security. Thus 120 keystream bits are produced by 

correlator 151 may always perform correlation with both algorithm 163 every 10 milliseconds for this purpose, 

syncwords and decide whether syncword 1 or 2 was trans- Encrypted 60-bit A-words areinterleaved by interieaver 

mined. If the expected syncword is not that deemed to have 25 \<* over two successive even TOMA frames using block 

been transmitter** burst is deemed to have been erased diagonal Reaving to reduce JhaT ^J^two 

This decision can be made by comparing the magnitudes of A " WQrds P* 0 * 10 " 1 for * c P*™ 5 40** f™* 

l.!^™u^«Tni., M f^r «vLJii fi mi cvmJSrri i thp segments are split between the previous and current even 

me corrdation values for synword ljmd symworf 2 /Hie two 60-bit A-words corresponding to two current 

decision is taken to either^ocessthe burst b a demo^iator ^ m ^ ^een the current burst and the 

153 or not (erase). If the burst is deemed erased, the 30 DCXt burst^Wng always 120 bits transmitted per burst The 

demodulator 153 produces soft information for the missing interleaving pattern for coded speech,bits skips over the 

symbols having a zero quality attribute. SACCH burst which occurs every 13th frame and so speech 

Note that although the sync correlator 151 and the burst is interleaved into 12 out of the 13 frames in the traffic 

demodulator 153 arc shown as separate blocks in FIG. 8, superframe structure. The interleaving pattern is preferably 

they are preferably the same processing hardware running at 35 chosen carefully with regard to the particular characteristics 

different times (the even frame and the odd frame of the speech decoder and perceptual error concealment 

respectively). Soft-demodulated symbols (bits) have a polar- algorithm. 

ity or symbol value and a quality attribute (the soft Encrypted 60-bit B-words are similarly interleaved using 

information). The value and the quality together constitute a interieaver 164& into odd-frame bursts. Even-frame bursts 

soft symbol decision. 40 are fed to an uplink modulator for the A- satellite and 

An error correction decoder 154 processes soft symbols to odd-frame bursts are fed to an uplink modulator for the 
reconstitute either a speech block which may be erroneous B-satellite, if two-satellite diversity is employed. Both odd 
due to missing or rnis decoded blocks, or FACCH or SACCH and even bursts can alternatively be modulated on a feed- 
messages. Error indications are provided for speech blocks erlink up to the same satellite (single satellite diversity). In 
to assist the subsequent voice decoder to reconstitute a 45 both cases the burst format includes a 22-bit syncword 
speech waveform in which noise or distortion due to mis- inserted in between two 60-bit interleaved A- or B-words by 
decoded blocks has been bridged over or concealed. the interieaver 164a or 1646. and includes tail bits as well as 

FIG. 9 shows a channel unit employed in a ground station guard (up-down ramping) time at the beginning and end. 
for generating TDMA bunts for transmission to a mobile More details of a ground station suitable for exploiting 
unit via a satellite or airborne relay station. Speech for 50 two-satellite diversity are shown in FIG. 10. Even data 
transmission arrives from the PSTN via the satellite network bursts are collected from 32 channel units 200 and multi- 
switching center in the form of standard PCM. The PCM plcxcd for transmission on to the same TDMA carrier 
speech stream is processed in channel unit 200 to generate frequency using a multiplexer 186a. Odd data bursts are 
even and odd TDMA bursts that may be transmitted (or not) similarly collected using a multiplexer 180&. When the 
from either the same satellite (single-satellite diversity) or 55 multiplexer 180a and the multiplexer 180fc collect respec- 
different satellites (two-satellite diversity). In either case, tivcry an even burst and an odd burst from the same channel 
even bursts may be transmitted on the same frequency or a unit 200, then that channel is operating in 16-slot or diversity 
different frequency than odd bursts from the satellite relay to mode. 

the mobile terminal. Different delays are experienced to mobile units when a 

The channel unit 200 comprises a transcoder 160 for 60 signal is relayed through different satellites to the same cell 

processing PCM speech into a typically 4 KB/S rate for or sub-region on the ground. Time alignment units 181a and 

satellite transrnlssioa It also produces a speech activity 181fr operate to approximately equalize the delays so that 

indication the uses of which will be described later in the mobile units receive even and odd frames approximately 

description of FIGS. 15 and 16. equispaced in time. Different satellite relays may also have 

A segments 161 groups speech bits into codewords for 65 different velocities to or away from the commonly iliumi- 

transmission and may use knowledge of which coded bits nated sub-region, leading to different Doppler frequency 

are more perceptually significant than others to effect an shifts. 
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OQPSK modulation waveform generators 182a and 182b algorithm 304 processes the message information together 
convert modulating data to modulated waveforms and can with the power measurements to determine a power level for 
include means to pre-correct transmission frequency to transmitting the next transmit burst If the power level is 
compensate for the predictable Doppler shift. The frequency between the maximum power and 3 dB lower, the next burst 
correction can either be performed on a cell, beam or 5 will be transmitted at a corresponding power between 0 and 
sub-region basis, being exact for the center of the region, or 3 dB lower than maximum. If the power level is more than 
can be performed on a per mobile link (per timeslot) basis 3 dB lower than maximum, the next burst (e.g. odd burst) 
so that every mobile experiences a signal exactly corrected will not be transmitted providing the previous (e.g. even) 
for the Doppler shift experienced at its particular location, burst was transmitted. The following burst will then be 
The time and frequency aligned, modulated signals are 10 transmitted at the determined power level +3 dB to corn- 
applied to an upconvertor 183a for transmission via an pens ate for the untransmitted odd burst. The foregoing Is a 
antenna 184a to satellite A or to an upconverter 1836 for simplified general description of the algorithm to clarify the 
transmission via an antenna 1846 to satellite B, concept In practice, the power level determination can 

FIO. 11 shows application of the inventive diversity include a more exact determination of the effect of trans- 
scheme to a network of cellular base stations. Abase station is mitring or not transmitting prior bursts on the decoding of 
controller 210 controls transmissions from a number of each 40-bit speech segment, given the known interleaving 
cellular sites 213 and 212. Each site may include a sector- pattern, and the transmission or not and the power Level of 
ized antenna for dividing me area serviced from the site into the current burst may be decided based on the power levels 
three 120-degree sectors Al,A2^A3 for site 213 and B132, of bursts transmitted in the past that affected the same speech 
B3 for site 212. A base station controller 210 receives traffic 20 segments. 

from a mobile switching center 211 for transmission to a The decision to transmit an even or odd burst is passed 

mobile unit 220, for example, which may lie on the border from the power control algorithm 304 to a frequency, timing 

between two service areas and may be accessed mare or less and mode controller 305. This selects the frequency and 

equally via a transmission in sector A2 of site 213 or sector timing of a burst that has been decided to be transmitted. 

Bl of site 212. Consequently the base station controller can 25 including providing a tuning code to synthesizer 306 to set 

direct site 212 to transmit even frame bursts in sector Al and the transmission frequency. 

odd frame bursts in sector B2. The base station controller FIG. 14 shows the operation of a timing controller within 

210 may be located at either site 213 or site 212 or another unit 305. The cyclic 32-slot TDMA period is illustrated as a 

site, or may be collocated with the mobile switching center circle starting at slot 0 and ending at slot 31. A counter 400 

211. Base station controllers may preferably be distributed 30 counts a reference clock frequency of for example 8 times 

to every site and may assume a master or a slave roll to the downlink bitrate to generate the 32-slot cycle. The circle 

another base station controller for supporting cornmunica- is divided into a first 16 slots and a second 16 slots. A 

tion to a particular mobile. A mobile may thus be served number of "alarm settings*' are distributed around the circle 

(using only even frames for example) only by a master BSC, and are triggered when the counter 400 reaches prcdeter- 

or when in a border area may be served with both even and 35 mined values to generate hardware strobe signals. For 

odd frames transmitted from a master and a slave BSC example, a strobe signal can be generated to start receiver 

respectively, and after passing through the border region the 402 digitizing an even burst A second strobe signal nomi- 

slave BSC may become the new master BSC transmitting nally but not exactly 1 80 degrees around from the first strobe 

only odd frames, thus completing a soft handover, or "make- can start digitizing an odd burst In between receive bursts 

before- break" handover. 40 strobes are generated to start and stop transmission of bursts. 

FIG. 12 illustrates that make-before-break handover Each strobe is generated by a comparator (130-1, 130-2 . 

between sectors of the same site may be implemented using . . 130-N) that is set to detect a preprogrammed count tying 

the inventive adaptive frame formats. The make-before- cither in the even-frame half of the cycle or the odd-frame 

break handover may also apply to the uplink, as the mobile half. Hie comparators are programmed by controller 403 to 

unit 220 may also have the capability to transmit both even 45 set the time at which each desired strobe shall be produced, 

and odd frames while in the handover zone between sites. In this way timing synchronization may be maintained and 

cells or sectors. updated separately for the even and odd bursts to operate 

When a mobile transmits both even and odd frames it is with two different satellites or base stations having different 

transmitting in principle twice the energy for the same peak frame timings. 

power, a 3 dB increase. FIG. 13 shows the inventive 50 FIG. 15 illustrates a means by which ground stations can 

adaptive power control algorithm in a mobile terminal based adaptively transmit either even or odd bursts or both. The 

on achieving the top 3 dB of power control range by motivation for the ground station is Dot so much power 

adaptively transmitting either even frames or odd frames control, but rather availability of the slot If both an even and 

alone, or by transmitting both even and odd frames. odd slot are available to use for transmitting to a mobile unit 

Burst receiver 101 receives even and odd frames as 55 that can receive both with equal quality on average, it is 

previously described and processes them to reconstitute always better to transmit both and reduce the power level-if 

speech to earpiece 116. In addition, a measurement of desired. When both are transmitted, the power level may be 

received signal power computed using the last received burst reduced by 3 dB while keeping the energy used the same, but 

deemed to be an "intended" burst is provided to the power due to the extra coding gain in receiving 120 coded bits per 

control algorithm portion of a controller 303. As will be 60 40-bit speech segment and the diversity gain obtained by 

appreciated by a person skilled in the art, a power control spreading the 120 bits over two even and two odd bursts or 

algorithm 304 may comprise a software routine within the frequencies, the energy required for the same segment error 

controller 303 adapted to execute the power control function probability is also reduced. Thus there is a saving in total 

in a time-shared processor performing other functions at satellite power per mobile link in using both odd and even 

different times. The power control algorithm 304 also 65 bursts if available. 

receives signalling messages of either SACCH or FACCH Even when one mobile occupies even bursts and another 

type that are indicated to be power control messages. The occupies odd bursts, both may be used by one mobile 
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whenever the other is silent The speech activity indication 
from transcoder 160 of channel unit 200 of FIG. 9 accom- 
panies Die speech data for that mobile link to multiplexer 
180a or 1806. The speech activity indications for mobiles 
using respectively an even slot and a corresponding odd slot 5 
are processed in a prioritizer 185 to determine which mobile 
gets to use each slot Traffic for Mobile X, for example, is 
given priority to use slot X where X is between 0 and 15. 
Traffic for mobile x+16 (modulo-32) is given permission to 
use slot X if traffic for mobile X has a no-speech activity 10 
indication and traffic for mobile X+16 has a positive speech 
activity indication. The prioritizer 185 translates this into a 
control signal for a switch 186a to select traffic signal X+16 
to input X of multiplexer 180a or 1806 in place of traffic 
signal X+16. Conversely, the prioritizer 185 controls switch 15 
1866 to select traffic signal X to multiplex input X+16 when 
signal X+16 has a negative speech activity and signal X has 
a positive activity indication. If both are positive, they only 
use their respective slots X for signal X and X+16 for signal 
X+16, and if both are negative no signal is transmitted in 20 
either slot (DTX). When a signal is allowed to be transmitted 
in both an odd and an even slot, the power level used may 
be halved compared to the level that otherwise would have 
been used for single-slot transmission, but this decision is 
related to choice of downlink power control algorithm and 25 
whether frequency hopping is employed or not The priori- 
tizer 185 together with switches 186a, 1866 therefore oper- 
ate to attempt to keep the multiplexer capacity filled with 
traffic to one or other mobile unit 

FIG. 10 illustrates ground station multiplexing operating 30 
in conjunction with frequency hopping. Frequency hopping 
within a cell or beam radiated by a satellite involves random 
exchanges of frequency between the different satcllite-to- 
mobile links mat are using the same timeslot, but on 
different carrier frequencies. For example, if a beam or cell 35 
contains 256 separate conversations, men 8 downlink car* 
riers of 32 slots each are in use. Morale links 032,64,96 . . 
. 224 can be denoted to use slot zero on carriers 0,1,2 ... 7 
while mobile links 133,65 ... 225 use slot 1 and so forth. 
However, the allocations of one of the unique carrier fre- 
quencies 0 to 7 to mobiles 032.64 ... 224 can change from 
frame to frame according to a frequency hopping algorithm. 
An algorithm that still guarantees each link a unique fre- 
quency without clashes at least within the same cell is called 
Orthogonal Frequency Hopping. 

Orthogonal Frequency Hopping may be effected either by 45 
changing a frequency synthesizer for each mobile link from 
frame to frame, or alternately by the baseband hopping 
scheme of FIG. 16 in which the traffic stream for a particular 
mobile is switched from frame to frame to a different, fixed 
frequency carrier modulator by means of baseband hopping 50 
switch matrix 500. The inputs to switch matrix 500 are the 
data bursts for mobile links 1 to M for the same timeslot on 
M different carriers. Control signals from orthogonal 
frequency-hop generator 501 steer each traffic signal to a 
unique output corresponding to carrier frequencies 1 to M, 55 
but the steering effects a different mapping for each succes- 
sive TDMA frame of 32 slots. The speech activity indication 
accompanying each data burst is also routed to the selected 
output The outputs from other baseband hopping units 500 
to 501 for different times lots destined for the same carrier 
frequency but different timeslots are collected at the inputs 60 
of multiplexer 180a or 1806. FIG. 16 only shows for clarity 
the multiplexer for frequency channel 1. It is implicit that 
there would be similar multiplexers each complying with the 
entire block diagram of FIG. 15 for other carrier frequencies. 
The multiplexer 180a has an associated prioritizer 185 and 65 
switches I860 and 186& that will allocate a given signal 
prioritized for slot X slot number X+16 also providing that 
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the signal prioritized for slot X+16 temporarily has a nega- 
tive voice activity indication. Due to the frequency hopping 
selector 500, the signal in slot (X+16) that is paired with a 
signal in slot X is no longer the same one but varies 
randomly from frame to frame thanks to the operation of 
hopping generators 501 for slot X and slot (X+l) being 
programmed to generate different random frequency selec- 
tions. This is in contrast to the frequency hopping disclosed 
for GSM, in which mobiles that are allocated different slots 
on the same carrier hop together. By this means each mobile 
gets to transmit both an even and an odd slot 50% of the time 
due to being paired randomly from frame to frame with 
mobiles that may have positive or negative speech activity 
indications with 50% probability. 

The above invention use of dynamic TDMA slot alloca- 
tion combined with demodulation and decoding that can 
automatically detect whether received information was 
intended or not and discard it or use it accordingly has many 
advantages as have been described in the above specification 
but which are meant to be exemplary and not limiting of the 
scope of the invention which is defined by the following 
claims. 

I claim: 

1. A communications system for relaying digitally coded 
voice signals to each of a plurality of remote stations, 
comprising: 

voice coding means for digitizing and coding voice sig- 
nals to produce frames of digital data containing a fixed 
number of bits representing a segment of the voice 
signal over a time period and producing an associated 
voicc/no voice flag; 

error correction coding means for coding each of said 
voice frames to produce a first coded symbol block and 
a second coded symbol block each representing a 
respective one of said speech frames; 

TDMA burst transmission means for relaying said first 
coded symbol blocks to respectively intended remote 
stations using an allocated timeslot in a repetitive 
TDMA frame period; and 

control means for controlling said burst transmission 
means to replace a first coded symbol block when said 
associated flag indicates the no-voice condition by a 
second coded symbol block intended for a different 
remote station. 

2. The communications system according to claim 1, 
further comprising: 

remote station TDMA burst receiving and decoding 
means for receiving said coded symbol blocks in a 
respectively allocated timeslot and an alternate slot and 
detecting whether said symbol block received in said 
allocated slot is an intended one of said first coded 
symbol blocks. 

3. The communications system according to claim 2, 
wherein said remote station TDMA burst receiving and 
decoding means further detects whether said symbol block 
received in said alternate slot is an intended one of said 
second coded symbol blocks. 

4. The communications system according to claim 3. 
wherein said TDMA burst decoding means upon detecting 
an intended first coded symbol block and an intended second 
coded symbol block jointly decodes both blocks to give an 
enhanced probability of correctly reproducing said voice 
signal segment else decodes only said first coded block if 
detected to be intended and said second coded block is not 
detected to be intended. 

***** 
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